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is collected in the payload part of a data packet. Further, the destination address of the data packet is constructed in such a way, that the 
packet network entity being connected to the second PCM transmission line can determine based on the destination address of the packet, 
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A data transmission method and a network element 



TECHNICAL FIELD OF THE INVENTION 

5 

The invention is concerned with transmission of speech information over mixed 
networks, particularly over a segment using packet transmission in an otherwise 
circuit switched data transmission network. The invention is directed to a method 
according to the preamble of claim 1. 

10 

BACKGROUND OF THE INVENTION 

In conventional telephony, a basic channel format is the 64 kbit/s channel, in which 
a single speech connection is transmitted. The 64 kbit/s channel transmits 8000 

15 samples per seconds, each sample having 8 bits. Typically, a plurality of 64 kbit/s 
channels are transmitted in a single transmission line to form 1544 kbit/s, 2048 kbit/, 
and higher transmission rates. In a 2048 kbit/s transmission link, a 256 bit i.e. 32 
byte frame is transmitted 8000 times per second. The 32 groups of 8 bits, i.e. bytes 
of the frame are referred to as time slots. The terms PCM transmission line and 

20 trunk line are commonly used to refer to a communication link transmitting a 
plurality of 64 kbit/s channels. Therefore, to identify a certain speech channel 
transmitted within a group of trunk lines, one needs to indicate the time slot number 
of the channel and a trunk line identifier. The term trunk line is sometimes used also 
to denote a basic 1544 kbit/s or 2048 kbit/s unit of transmission even in a case, 

25 when a plurality of such transmission units are transmitted in a single physical 
transmission medium i.e. in a single physical transmission line. Although the 
acronym PCM strictly considered denotes pulse code modulation, which is typically 
used in trunk lines, the term PCM transmission line is generally used by a person 
skilled in the art and specifically in this specification to refer to aforementioned 

30 logical group of channels or a group of groups of channels and not to a specific 
modulation method. 

Further, packet based transmission networks are presently in widespread use, a 
prominent example being the Internet. A common packet transmission protocol is 
35 the Internet Protocol (IP). The IP protocol version 4 is described in detail in the 
specification RFC 791. The next version of the IP protocol, known as IPv6, is 
described in the specification RFC 1883. 
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The increasing importance and use of telecommunication drives toward 
interconnection of different types of networks. For example, the Internet is already 
used for transmitting voice using so called internet telephony. As the data 
transmission capacity of the Internet increases, the use of Internet as a replacement 
5 of conventional telephones will become common. Some telephone operators already 
provide long distance calls via the Internet with a reduced rate. 

Different schemes for interconnecting cellular telecommunication networks with the 
Internet are presently under development. The complicity of cellular 

10 telecommunication networks and the wide variety of services they provide create 
new and extensive fields of problems in the interconnection of different networks. 
One example of a feature unique to cellular telecommunication networks is the 
compression of speech, which is needed due to limitations of the capacity of the 
radio interface. A mobile station codes the speech of the user using one of the 

15 available codecs, and transmits the resulting coded speech parameters over the radio 
interface to the base station of the cellular network. The coded speech parameters 
are decoded back to a speech signal in the cellular network. However, typical 
compression methods used do not transmit all data in the speech signal, since the 
compression methods take advantage of the fact, that speech perception of a typical 

20 listener is very sensitive to certain features of a speech signal, while being less 
sensitive, even insensitive to some other features. Therefore, typical compression 
methods leave out those parts of a speech signal, which are not important to the 
perceived quality of transmitted speech. However, when coding and decoding is 
performed more than once, such as in a mobile-to-mobile connection in a cellular 

25 telecommunication network, speech quality may be drastically reduced due to the 
double coding and decoding. This problem can be avoided for example by using the 
so called tandem free operation (TFO) mode of transmission. In TFO mode, the 
cellular network element performing the decoding of the coded speech parameters 
received from the mobile station, inserts the original received coded speech 

30 parameteres into the decoded speech signal which is forwarded to the receiver. The 
speech parameters are typically inserted into the least significant bits of the speech 
samples of the speech signal, whereby they are perceived as a slight increase of 
background noise by a receiver of the speech signal, if the receiver does not utilize 
the embedded speech parameters. In case of a mobile to mobile TFO mode call, the 

35 network element at the receiving end performing the encoding of the speech signal 
for transmission to the receiving mobile station extracts the embedded speech 
parameters, and transmits those to the mobile station without performing a second 
coding operation. The receiving mobile station then decodes the speech parameters 
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into a speech signal. In the TFO mode, a speech signal is coded only once, i.e. in the 
transmitting mobile station, and the receiving mobile station receives the coded 
speech parameters prepared by the transmitting mobile station, whereby double 
coding is avoided. This significantly improves the speech quality because without 
5 TFO, the original speech signal is coded twice with the lossy speech compression 
algorithm which degrades the speech quality each time the compression is applied. 
The difference between the single encoding and the tandem encoding becomes even 
more important when the bit-rate of a speech codec is very low. The old high bit- 
rate speech coding standards, as exemplified by the G.711 standard of 64 kbit/s 
10 PCM coding, are very robust to successive coding. However, the state of the art 
speech coders operating in a range of 4 kbit/s to 16 kbit/s are quite sensitive to more 
than one successive coding. 

A number of problems arises when different types of transmission networks 
15 participate in transmission of connections, especially when different connections 
have different parameters such as the data transmission rate and whether 
compression is used or not. One problem, for example, is how to optimize the data 
transmission in the case, when some of the data transmission channels are 
compressed and some transmission channels are not compressed. A further problem 
20 is how to efficiently connect PCM transmission lines with an packet based network 
such as an IP network. 

SUMMARY OF THE INVENTION 

25 An object of the invention is to realize a transmission method, which allows the. use 
of packet based networks in transmission of circuit switched connections. An object 
of the invention is also to provide a way for connecting two PCM transmission lines 
with a packet based network such as an IP or an X.25 network. A further object of 
the invention is to provide such a method, which allows the transmission of both 

30 compressed and noncompressed traffic. A still further object of the invention is to 
provide such a method, which optimizes the use of data transmission capacity for 
both compressed and noncompressed traffic. 

The objects are reached by inserting a number of samples from at least one channel 
35 of a PCM transmission line into the payload part of a data packet, and indicating the 
destination PCM transmission line and the channel within the transmission line in 
the destination packet address. 
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The method according to the invention is characterized by that, which is specified in 
the characterizing part of the independent method claim. The network element 
according to the invention is characterized by that, which is specified in the 
characterizing part of the independent claim directed to a network element. The 
5 dependent claims describe further advantageous embodiments of the invention. 

According to the invention, PCM transmission lines are connected with a packet 
based network such as an IP or an X.25 network in such a way, that data from one 
or more channels of a first PCM transmission line is collected in the payload part of 
10 a data packet. Further, the destination address of the data packet is constructed in 
such a way, that the packet network entity being connected to the second PCM 
transmission line can determine based on the destination address of the packet, to 
which channel or channels of the second PCM transmission line the data should be 
transmitted. 

15 

BRIEF DESCRIPTION OF THE DRAWINGS 

The invention is described in more detail in the following with reference to the 
accompanying drawings, of which 

20 

Figure 1 describes a method according to an advantageous embodiment of the 
invention, 

Figure 2 illustrates a network element according to an advantageous embodiment 
25 of the invention, 

Figure 3 illustrates a further advantageous embodiment of the invention, 

Figure 4 illustrates a still further advantageous embodiment of the invention, and 

30 

Figure 5 illustrates a method according to an advantageous embodiment of the 
invention. 

Same reference numerals are used for similar entities in the figures. 

35 

DETAILED DESCRIPTION 

A. AN EXAMPLE OF TRANSMISSION OF A TFO MODE CHANNEL 
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In one advantageous embodiment of the invention, the processing is performed by a 
network element connected to one or more PCM data transmission lines and a IP 
network. Such a network element is hereafter referred to as a packet network 
5 gateway. The packet network gateway receives 64 kbit/s data transmission channels 
from the PCM data transmission lines. Each of these 64 kbit/s channels may 
transmit for example speech or a data or a fax transmission. The PCM transmission 
line is connected to a network element of a cellular telecommunications network, 
such as a MSC (mobile services switching center) of a GSM or a UMTS network. In 

10 this example, the processing of a TFO mode call is described. In a TFO mode call, 
the 64 kbit/s speech signal comprises in addition to the speech signal itself, the 
compressed speech information in the least significant bits of the speech signal. In 
this example, the packet network gateway extracts the compressed speech 
information from the incoming signal. The packet network gateway collects a 

15 predetermined amount of this compressed speech information, for example a certain 
amount of bits corresponding to an amount of bytes, which amount of bytes is large 
enough for efficient transmission and small enough for not producing a too large 
packetizing delay. When the predetermined amount of speech parameter information 
is collected, the information is inserted in an IP packet, which is given a destination 

20 address corresponding to the packet network gateway associated with the 
destination MSC. The packet is then transmitted through the IP network to the 
destination packet network gateway. 

The destination packet network gateway then receives the packet and extracts the 
25 speech parameter information from the packet. Next, the destination packet network 
gateway creates a speech signal according to the speech parameter information, and 
embeds the speech parameter information in the lowermost bits of the speech signal 
as in conventional TFO mode. The resulting signal is then sent to a 64 kbit/s PCM 
channel towards the destination MSC. 

30 

B. CHANNEL IDENTIFICATION INFORMATION 

In an advantageous embodiment of the invention, the channel information 
identifying the PCM channel at the receiving end is included in the packets of the 
35 packet network such as an IP or a X.25 network. In the following, an example of an 
embodiment of the invention as applied in an IP network is described. The channel 
identification information may for example be defined by the destination IP address, 



SUBSTITUTE SHEET (RULE 26) 



WO 00/39970 



6 



PCT/US99/30845 



or be included in the IP datagram in an extra option field or in the data part of the 
datagram. 

In such an embodiment, in which the destination IP address defines the channel 
5 identification information, a predefined rule may be used for generating the IP 
address and deducing the channel identification information from the IP address. 
For example, the 64 kbit/s channels in the PCM transmission line connected to the 
destination packet network gateway may be numbered consecutively, in which case 
the IP address of a channel can be found by adding the number of the channel to the 

10 base address of the packet network gateway. This is only one example of a rule, and 
does not limit the invention in any way, since many other types of rules may be used 
in various embodiments of the invention. For example, the time slot numbers of the 
channels may be used as well. If the packet network gateway is connected to more 
than one 2048 kbit/s PCM trunk line, the trunk lines may be numbered 

15 consecutively, in which case the IP number may be derived from both the time slot 
number and the trunk line number. For example, the following equation may be 
used: 

IP address = base address + ( N-^ ■ trunk line number ) + time slot number 

20 

The term Nj^ denotes the number of time slots in one frame of the trunk line. 

A 1544 kbit/s PCM trunk line has 24 time slots, whereas a 2048 kbit/s PCM trunk 
line has 32 time slots. For example, if a packet network gateway has as its base 

25 address 1.313.42.100, the IP addresses of 32 time slots of a first 2048 kbit/s trunk 
line would then be 1.313.42.100 to 1.313.42.131 and addresses of the time slots of a 
second 2048 kbit/s trunk line would then be 1.313.42.132 to 1.313.42.163, assuming 
that the numbering of time slots and trunk lines starts with zero. The opposite 
procedure, i.e. computing the trunk line number and the time slot number, can be 

30 done for example according to the following equations: 

time slot number = ( IP address - base address ) MOD Njs 
trunk line number = INT (( IP address - base address ) / Njx) 

35 where the function m MOD n is the modulo function, and the function INT(x) 
returns the integral part of x. The man skilled in the art knows many other 
straightforward ways how to proceed in the opposite way, i.e. how to compute the 
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time slot number and the trunk line number from the IP address, when the base 
address is known. Therefore, these ways are not described here in further detail. 



The invention is not limited to the previous example of forming the IP address 
5 corresponding to a channel, since many other IP address forming rules can be used. 
For example, in a further advantageous embodiment of the invention, the IP address 
is formed by concatenating the time slot number to a prefix value associated with 
the packet network gateway. 

10 The previous addressing examples require that the necessary address space, i.e. one 
IP number per channel is available. In an IPv6 network this should not be a problem. 
On the other hand, an IPv4 network might not have enough free addresses. In such 
an embodiment it is desirable, that the channel identification information is 
specified in some other way than through the IP address. As previously mentioned, 

15 the channel identification information may also be encoded in an extra options field 
in the header of the IP datagram, or preferably, in a predefined way in the data part 
of the IP datagram. 

In a further advantageous embodiment of the invention, the channel identification 
20 information at the sending packet network gateway is included in the IP datagram. 
The channel identification information can be specified in the form of an IP address 
for example according to previous examples, which address is used as the sender's 
IP address in the IP datagram. The channel identification information may also be 
encoded in an extra options field or in the data part of the IP datagram in a 
25 predefined way. 

C. COMBINING OF MULTIPLE CHANNELS 

In further advantageous embodiments of the invention, speech data from more than 
30 one channel is transmitted in one datagram of the network level protocol such as the 
IP or the X.25 protocol. One datagram may contain data for example from a 
plurality of consecutive time slots, or from a plurality of at least partly non- 
consecutive time slots. Some examples of such embodiments are presented in the 
following paragraphs. 

35 

C.l Consecutive channels 
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In an advantageous embodiment of the invention, data from all time slots of one or 
more consecutive frames are sent in one datagram of the network level protocol 
such as the IP or the X.25 protocol. For example, a frame of a 2048 kbit/s PCM line 
contains 32 time slots. Since each time slot contains 8 bits, one frame corresponds to 
32 bytes of payload in an IP datagram, if no compression is used. For example, if 32 
consecutive frames are sent in one IP datagram, the IP datagram would have 1024 
bytes of uncompressed speech data. However, packing of 32 consecutive frames i.e. 
32 samples from each of 32 channels introduces a 4 ms packetizing delay. To obtain 
shorter delays, frames can be collected from more than one PCM trunk lines. For 
example, collecting 1 6 consecutive frames from each of two 2048 kbit/s PCM lines 
i.e. 16 samples from each of 64 channels, would result in the same amount of data, 
but only in a 2 ms delay. 

In a further advantageous embodiment of the invention, one or more of the plurality 
of consecutive channels can be transmitted in compressed form. This can be realized 
for example by adding status information of the transmitted channels to the IP 
packet. The status information can for example comprise four bits per channel. One 
of these bits can denote the active/inactive status of the channel, and three of these 
bits can indicate the number of bits used for transmission of the particular sample of 
the channel. For example, if a channel is transmitted uncompressed, the sample 
length would be 8 bits. If a channel transfers compressed speech parameters, three 
bits may be enough to represent a sample of the compressed speech signal, 
depending on the compression method used. If the channel is inactive, no bits need 
to be used to transmit that channel. In the example of 16 samples from 64 channels 
being packed in one IP datagram, 64 times 4 bits i.e. 32 bytes of status information 
needs to be inserted in the datagram. This embodiment has the advantage, that while 
the capacity savings brought about by compressed traffic can be obtained, 
uncompressed and mixed traffic can be transmitted using the same mechanism. 
Preferably, the destination IP address and the sender IP address are used to indicate 
the PCM trunk line or lines, whose data is carried by the datagram. The position of 
each sample in the datagram specifies the time slot i.e. channel corresponding to the 
sample. 

Preferably, information about the number of channels transferred by an IP 
datagrams is included in the datagram, for example in the beginning of the channel 
status information header described in the previous paragraph. 

C.2 Nonconsecutive channels 
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A further advantageous embodiment of the invention provides for transmission of 
data from nonconsecutive time slots in a single datagram. Such an embodiment can 
be realized by inserting status information into the datagram, which status 
5 information in this embodiment can comprise for example five bits for each time 
slot: one bit indicating whether the channel is active or inactive, three bits indicating 
the length of the samples of the channel, and one bit indicating whether channel 
information is defined by the datagram or not. Thereby the header can indicate 
separately for each time slot, whether the datagram carries the corresponding 

10 channel or not. If the datagram does not carry the corresponding channel, the 
receiving packet network gateway can receive data to that channel from other 
sources from the IP network. This embodiment allows the transmission of any 
number of time slots from one frame, regardless of whether they are consecutive or 
not. This embodiment has the advantage, that different time slots of a single PCM 

15 trunk line can receive data from different packet network gateways. For example, a 
first packet network gateway may send data to time slots 5 to 10 of a 2048 kbit/s 
PCM trunk line at a second packet network gateway, while a third packet network 
gateway may send data to the rest of the time slots of the same PCM trunk line. 
Further, this embodiment allows the destination packet network gateway to receive a 

20 group of channels from another packet network gateway, and single channels 
separately from one or more other sources, such as IP telephones. 

C. 3 IP address determination in case of multiple channels 

25 The IP address determination can be performed in roughly similar way as in the case 
of a single channel being transferred in an IP datagram. The IP address may be 
advantageously determined based on the time slot number of the first time slot, 
whose data is transferred in the datagram, and the time slot for each of the rest of the 
data samples in the datagram is specified by its position relative to the first time slot. 

30 

D. SELECTION OF CODING MODE 

In some advantageous embodiments of the invention, the packet network gateway 
does not perform any coding mode negotiations with other network elements. In 
35 such embodiments, the packet network gateway transparently transfers 
uncompressed channels, and transmits through the packet network only the 
compressed speech parameters for any TFO mode signals present. However, in 
other embodiments of the invention, the packet network gateway can take part in 
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coding mode negotiations between various network elements, and two packet 
network gateways can negotiate about compression modes to be used between them. 
Such functionality brings considerable advantages for example when different types 
of communication networks are connected using a packet network. Some exemplary 
5 embodiments of the invention, in which packet network gateways perform or 
participate in coding mode decisions and negotiations are described in the following 
paragraphs. 

In one advantageous embodiment, a first packet network gateway is connected to a 
10 cellular telecommunications network such as a GSM network or an UMTS network, 
and a second packet network gateway is connected to a conventional telephone 
system. In such a case, the first and second packet network gateways can negotiate 
to select the same coding mode for a connection, which is used by the mobile station 
of the cellular telecommunications network. Consequently, the connection can be 
15 treated by the cellular telecommunications network as a TFO connection. The first 
packet network gateway simply transmits the compressed speech parameters to the 
second packet network gateway as described previously, and the second packet 
network gateway compresses the speech signal from the conventional telephone 
network, before transmission of the compressed signal to the first packet network 
20 gateway and the cellular telecommunications network. Further, in this case the 
second packet network gateway does not need to embed the compressed speech 
parameters in the decompressed speech signal sent to the conventional telephone 
network, since most likely the compressed speech parameters would not be used in 
any way in the conventional telephone network. 

25 

In a further advantageous embodiment of the invention, an packet network gateway 
can in addition to coding implement other conventional features used typically in 
cellular telecommunication systems to reduce data transmission, such as 
discontinuous transmission. In such an embodiment, a voice activity detector of the 
30 packet network gateway monitors the transmitted speech signal, and if no voice 
activity is detected, no data is transmitted over the packet network. Preferably, 
silence descriptor information is transmitted before a transmission pause, in order to 
enable the receiving packet network gateway to generate comfort noise. 

35 In one exemplary embodiment of the invention, in which a mobile-to-mobile call is 
routed from one MSC via a first packet network gateway, a packet network, and a 
second packet network gateway to a second MSC, the coding mode negotiations can 
be performed for example as follows. During call set up, TFO connections are first 
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set up between the transcoder unit and the packet network gateway at both ends, 
after which the packet network gateways negotiate the coding mode between them. 
If the same coding mode was selected at both ends, the establishment of the 
connection can be continued. If different coding modes were selected, one of the 
packet network gateways can renegotiate the coding mode selected at the 
corresponding end of the connection. Alternatively, one of the packet network 
gateways can perform transcoding, i.e. conversion between the coding modes. 

In a further advantageous embodiment of the invention, two packet network 
gateways can negotiate between themselves about compressing a signal transmitted 
between them, even if the systems at either end of the connection do not use or 
support compression. Preferably this is performed only in the case that during call 
set up, the packet network gateways receive information indicating that the call is a 
speech connection, and not a data or a fax call. 

E. PROTOCOLS 

In a further advantageous embodiment, a higher level transmission protocol is used 
on top of the packet network level protocol between the two communicating packet 
network gateways. For example, the IP protocol does not guarantee delivery of data, 
and the IP protocol has no mechanisms for replacement of faulty or missing 
datagrams. Neither does the IP protocol guarantee the correct receive order of 
datagrams. Therefore, a second protocol is advantageously used on top of the packet 
network level protocol such as the IP or the X.25 protocol to enhance the reliability 
of data transmission between the packet network gateways. In such an embodiment 
of the invention, the data is inserted in a packet of the higher level protocol, after 
which the packet of the higher level protocol is inserted into one or more packet 
network level protocol datagrams for transmission over the packet network. The 
packet network gateways execute the higher level protocol, generating messages and 
replying to messages as required by the specifications of the particular protocol. 
However, it is also possible in other embodiments of the invention to implement the 
execution of the higher level protocols using a separate network element between an 
packet network gateway and the packet network. 

If the packet network gateway receives a packet network level protocol datagram 
addressed to an address within the plurality of addresses managed by the packet 
network gateway, and which datagram does not contain data which the packet 
network gateway recognizes as valid speech data and does not contain any 

SUBSTITUTE SHEET (RULE 26) 



WO 00/39970 



PCT/US99/30845 



messaging data pertinent to a protocol used in the transmission of the speech data, 
the packet network gateway preferably discards the packet. 

In one embodiment of the invention, the well known TCP protocol (Transmission 
5 Control Protocol) is used. However, the TCP protocol is not very well suited for real 
time transmission, wherefore other protocols are preferred. A further alternative is 
the UDP protocol (User Datagram Protocol) or the RTP protocol (Real Time 
Protocol), which is designed for transmission of real time data. The TCP protocol is 
defined by the specification RFC 791, UDP by RFC 768, and RTP by RFC 1889. 
10 Other suitable protocols are the PPP protocol (Point-to-Point Protocol) defined in 
RFC 1661, PPP protocol in HDLC-like framing as defined in RFC 1662, or the 
V.l 10 or V.120 protocols. 

Further, more than two protocols can be used on top of each other. For example, the 
15 RTP protocol is preferably used on top of the UDP protocol, which is used on top of 
the IP protocol. 

These protocols are well known by a man skilled in the art, wherefore they are not 
described in further detail in this specification. 

20 

F. AN EXAMPLE OF A METHOD 

Figure 1 illustrates a method according to an advantageous embodiment of the 
invention for transmission of data arriving from a PCM transmission line through an 
25 * IP network to another PCM transmission line. First, in step 205, data is collected 
from the PCM line, from one or more channels i.e. time slots. If any of the channels 
contains a TFO mode signal, the compressed speech parameters are extracted from 
the data at step 210. In the following step 215, the IP address for the IP datagram is 
determined for example in some of the ways described previously. 



Preferably, the IP address is stored in a memory means for later use. Thereafter, 
when another IP datagram containing data from the same channel or channels is to 
be sent, the determination step 215 can simply comprise fetching of the previously 
determined IP address from the memory means. 



In the following step 220, the IP datagram is constructed, whereafter the datagram is 
transmitted through the IP network in step 225. After the destination packet network 
gateway receives the datagram, it extracts the data samples from the datagram in 
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step 230. In case that the data contains compressed speech parameters, the 
compressed speech parameters are decompressed to speech signal data in step 235. 
In the next step, the received and/or decompressed data are sent to corresponding 
channels of the PCM line connected to the destination packet network gateway. 

The method shown in figure 1 is only an example of an embodiment of the 
invention. The invention can be realized in many other ways as well. For example, 
the ordering of steps 210, 215, and 220 can be different from that shown in Figure 1 
in various embodiments of the invention. 

G. AN EXAMPLE OF A NETWORK ELEMENT 

Figure 2 illustrates one example of an embodiment of the invention, in which the 
inventive functionality is realized in a network element 300 located between a MSC 
160 and a IP network 170. The network element preferably comprises a processor 
unit 310 such as a digital signal processor 310 for realizing the functions of the 
network element. For example, the network element may comprise an IP address 
generating unit 301 for generating IP adresses for IP packets based at least partly on 
parameters identifying at least one channel of the PCM transmission line. Further, 
the network element may comprise a compressed speech parameter extraction unit 
302 for extracting compressed speech parameters from at least one signal from the 
PCM transmission line, which signal comprises both an uncompressed speech signal 
part and compressed speech parameters. The network element may also comprise a 
compression unit 303 for compressing the signal of at least one channel from the 
PCM transmission line before transmission over the data transmission network. The 
address generating unit 301, speech parameter extraction unit 302 and the 
compression unit 303 may advantageously be realized using software programs 
executed by the processing unit 310 stored in a memory means 315 in the network 
element 300. 

H. CALL SET-UP 

The information about the packet network level protocol address of the destination 
packet network gateway can be obtained by the sending packet network gateway for 
example during call set up. In the following, one example of call setup signalling 
according to an advantageous embodiment of the invention as applied to an IP 
network is described. In this embodiment, the switching centers supporting IP traffic 
are implemented in such a way, that they return an IP address instead of a 
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conventional E.164 telephone number as a response to a routing info request from 
another switching center. 

In this example, it is assumed that switching centers having IP traffic capability can 
be recognized by the telephone numbers corresponding to the SC:s. The switching 
centers may for example have a database specifying which other switching centers 
support IP traffic. 

In this example, messaging between switching centers (SC) A and B is described. In 
the case of a cellular telecommunications network, the two switching centers can be 
mobile services switching centers (MSC:s). 

When a subscriber makes a call, SC A receives a SETUP message of the ISUP 
protocol. The SETUP message comprises the number of the other party, which the 
subscriber wishes to call. Switching center A examines the number, and if the 
analysis of the digits implies that SC B can receive IP traffic, SC A interrogates SC 
B by sending e.g. a "Send Routing Info" command to SC B using the signalling 
system SS7. Upon receiving the command, SC B locates a free incoming channel in 
the transmission line between SC B and its local packet network gateway, generates 
an IP address corresponding to the channel, and sends the IP address back as a 
response to the command. When SC A receives the IP address, it switches the 
connection to the packet network gateway associated with SC A, and sends the IP 
address to the packet network gateway to be used as the destination IP address. The 
packet network gateway of SC B can subsequently obtain the IP address of the 
channel in the packet network gateway of SC A from the source IP address of IP 
datagrams sent by the packet network gateway of SC A. 

The interrogation command mentioned in the previous paragraph can be specific to 
IP traffic supporting switching centers, in which case a SC receiving such an 
interrogation command always knows that the sender of the command also supports 
IP traffic. Consequently, a SC can always reply to such a command by sending an IP 
address instead of an E.164 telephone number. According to another embodiment of 
the invention, a second switching center receiving such an interrogation command 
from a first switching center examines information identifying the first switching 
center, e.g. the telephone number of the calling party. If the telephone number 
identifies that the first switching center supports IP traffic, the second SC can reply 
by sending an IP address. Otherwise, the second SC replies in the conventional way 
by sending an E.164 telephone number. 
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I. FURTHER ADVANTAGEOUS EMBODIMENTS OF THE INVENTION 

In a further advantageous embodiment, the packet network gateways also comprise 
5 functionality necessary for transcoding between various encoding modes. Such a 
functionality in addition to the previously described negotiation functions are in the 
present embodiment used for optimizing of the number of transcodings within the 
transmission path. 

10 In the present embodiment, the object of minimization is the number of 
transcodings, if any, in the end-to-end transmission path. For obtaining this aim, a 
special ordering is used in the messages transmitted between the various network 
elements for describing the capabilities of the elements regarding supported coding 
modes. Such messages are often called terminal capability set (TCS) messages. 

15 Such messages typically list the coding modes which the sender of the message can 
receive and which ones the sender can transmit. In this application, the item 
describing a coding mode is denoted a capability descriptor, a term which is also 
used for this purpose in some specifications of cellular telecommunication systems. 
The available coding modes may be different for different directions. In the present 

20 inventive embodiment, the order in which the capabilities is listed in a terminal 
capability set message is given significance, i.e. the listing order signifies an order 
of preference. 

The order of the capability descriptors is defined by certain set of rules, which the 
25 network elements follow when transmitting a terminal capability set. message to. the 
next network element along a transmission path. Basic considerations for these rules 
are the following: 

- Those coding modes, which the previous network node supports and which the 
current network node supports, have highest preference. Preferably, the current 

30 network node maintains the preference order of the previous network node if the 
following considerations do not require a change in the order, and at least partially, 
if the order needs to be changed. 

- After these, those coding modes have the next highest preference, which coding 
modes the previous network node does not support, but which coding modes are 

35 supported by the current network node, and for which modes the current network 
element can act as a transcoder, transcoding to/from a coding mode supported by the 
previous network node. 
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- Symmetrical encodings are preferred over asymmetrical encodings. In symmetrical 
encoding, the same codecs are used for transmission and for reception. 

As an example, let us consider the flow of TCS messages in a network as shown in 
5 figure 3. Figure 3 shows schematically a first terminal TA 400, a first packet 
network gateway Gl 300, a packet network 170, a second packet network gateway 
G2 300, and a second terminal TB 400. Let us consider a situation, in which the first 
terminal TA communicates its capabilities to the other terminal TB. Similar 
procedure applies in the reverse direction, but for clarity, we discuss here only the 
10 direction from TA to TB. 

First, the terminal TA transmits a TCS message to Gl, listing the capability 
descriptors in a desired order of preference. 

15 Next, the first gateway Gl receives the message, and prepares a new TCS message 
for transmission to gateway G2. Gateway Gl arranges the capability descriptors in 
the following way: 

- those capability descriptors which TA sent and which Gl is capable of supporting 
form a first set of capability descriptors 

20 - among these capability descriptors in the first set, the capability descriptors of 
symmetrical coding modes form a second set, while the rest of the capability 
descriptors of the first set form a third set 

- the second set is ordered in the same order in which these capability descriptors 
were in the TCS message received by Gl 

25 - the third set is ordered in the same order in which these capability descriptors were 
in the TCS message received by Gl 

- a fourth set of capability descriptors is formed by those capability descriptors, 
which correspond to reception coding modes supported by Gl and not supported by 
TA, but which modes the gateway Gl can receive and which modes Gl can 

30 transcode to a coding mode supported by TA 

- a fifth set of capability descriptors is formed by those capability descriptors, which 
correspond to transmission coding modes supported by Gl and not supported by 
TA, but which modes the gateway Gl can transmit and to which Gl can transcode 
from a coding mode supported by TA. 

35 The TCS message transmitted by the Gl then comprises the second, third, fourth 
and fifth sets of capability descriptors, in that preference order. However, the order 
of the fourth and fifth sets can also be the other way around. 
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Next, the second gateway G2 receives the message, and prepares a new TCS 
message for transmission to the second terminal TB. Gateway G2 arranges the 
capability descriptors in the following way: 

- those capability descriptors which Gl sent and which G2 is capable of supporting 
5 form a first set of capability descriptors 

- among these capability descriptors in the first set, the capability descriptors of 
symmetrical coding modes form a second set, while the rest of the capability 
descriptors of the first set form a third set 

- the second set is ordered in the same order in which these capability descriptors 
10 were in the TCS message received by G2 

- the third set is ordered in the same order in which these capability descriptors were 
in the TCS message received by G2 

- a fourth set of capability descriptors is formed by those capability descriptors, 
which correspond to reception coding modes supported by G2 and not supported by 

15 Gl, but which modes the gateway G2 can receive and which modes G2 can 
transcode to a coding mode supported by G 1 

- a fifth set of capability descriptors is formed by those capability descriptors, which 
correspond to transmission coding modes supported by G2 and not supported by Gl, 
but which modes the gateway G2 can transmit and to which G2 can transcode from 

20 a coding mode supported by G 1. 

The TCS message transmitted by the G2 then comprises the second, third, fourth 
and fifth sets of capability descriptors, in that preference order. However, the order 
of the fourth and fifth sets can also be the other way around. 

25 Finally, the second terminal TB receives the TCS message from gateway G2, and 
preferably selects for reception a coding mode which it can receive, and of those 
coding modes, the one having the highest preference. 

One natural way of listing the capability descriptors is that the most preferred 
30 capability descriptor is listed first of all capability descriptors in the terminal 
capability set message, and following the most preferred one, the other ones in a 
decreasing order of preference. As a man skilled in the art perceives, the 
correspondence of the listing order and the preference order can also be defined the 
other way around. 



Figure 4 illustrates one configuration of the transmission path according to an 
advantageous embodiment of the invention. This embodiment illustrates the 
possibility, that more than two network element within the transmission path have 
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transcoding capability, i.e. can take part in negotiating and effecting TFO mode 
operation. In this embodiment, the terminals TA and TB 400 are mobile 
communication means. The speech data in this example traverses from one terminal 
through a TRAU (Transcoder and Rate Adaptor Unit) 410 to a packet network 
5 gateway 300, and through the packet data network 170 to another packet network 
gateway 300 and TRAU 410, and finally to the other terminal 400. In this 
embodiment, both gateways Gl, G2 and both TRAU units 410 have transcoding 
capability. The ordering scheme according to preference described in relation to 
figure 3 is used also in this embodiment. The previously described scheme for 

10 ordering the capability descriptors in the terminal capability set messages ensures, 
that if there is at least one coding mode supported by all of these network elements 
having transcoding capability, such a coding mode will be selected for transmission 
of speech data. Further, the previously described scheme also minimizes the number 
of transcodings, if one common transcoding mode cannot be found. Since the 

15 preference order is carried within the TCS message, no other signalling about the 
preference order needs to be performed in order to optimize the transmission. 

Figure 5 illustrates a method according to an advantageous embodiment of the 
invention. Figure 5 illustrates steps during connection setup phase, when terminal 

20 capability set messages are sent. According to this embodiment, a message listing 
supported coding modes in an order of preference is generated 510. Next, the 
message listing supported coding modes is transmitted from a network element to 
the next network element in the transmission path. After these steps, other steps 
necessary for setting up a connection can advantageously be performed, before 

25 beginning the transmission of actual speech data. Transmission of speech data can 
for example be performed according to the method shown in figure 1 . 

J. Further considerations 

30 The invention has several advantages. For example, the collection of data from a 
plurality of channels to a single data packet reduces the packetizing delay for a 
single channel, i.e. the time needed for collecting enough samples for filling the data 
packet. Consequently, the size of the packets can be large, which assists in 
optimization of the effectivity of data transfer over the packet network, without the 

35 large size of the packets increasing the packetizing delay by an inordinate amount. 
Further, the number of packet connections can be lower than the number of 
transmitted channels, which reduces the amount of transmission overhead per a 
transmitted channel. 
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The packet network may be in various embodiments of the invention for example an 
internal network of a building or an organization, i.e. an intranet, or a large network, 
such as the world-wide Internet network. The invention is not limited to any specific 
5 packet network. The packet network may for example be a network employing the 
IP protocol, the X.25 protocol, or for example the CLNP (Connectionless Network 
Protocol) protocol as the network level protocol. 

A single MSC can in various embodiments of the invention be connected to more 
10 than one packet network gateway. Also, the functionality of more than one packet 
network gateway may be realized within a single MSC. 

As described in the prior art, the term PCM transmission line is used in this 
specification to refer to a transmission line, which comprises a plurality of channels. 

15 The transmission line may be for example a 2048 kbit/s trunk line or a 1544 kbit/s 
trunk line, or a higher level line comprising a plurality of such trunk lines. The 
invention is not limited to any specific transmission line type. The term PCM 
transmission line is used only as an example of a transmission line with the intention 
of presenting an as clear description of the invention as possible, which term is well 

20 known by a person skilled in the art and which term is commonly used for a general 
transmission line in the jargon of the art. However, for reasons of clarity and 
accuracy the term circuit switched transmission line is used in the claims for 
denoting such a transmission line comprising a plurality of channels. 
Correspondingly, a channel of such a transmission line is in the claims referred to as 

25 a circuit switched channel. 

In various embodiments of the invention, the previously described functionality 
described as associated with a packet network gateway can be realized using also 
other network elements as a packet network gateway. For example, the creation of 

30 data packet payloads comprising data from compressed data channels can also be 
realized in a transcoder unit (TRCU), which converts channels from a 16 kbit/s 
channel used in a base station subsystem (BSS) to a 64 kbit/s channel, which is the 
basic transmission channel handled by a MSC. Since transcoder units typically 
participate in the TFO mode negotiations, the creation of data packet payloads 

35 comprising compressed data in the transcoder units would simplify the arrangements 
necessary for the TFO mode negotiations, i.e. could even remove the need of packet 
network gateways to participate in the TFO mode negotiations. 
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Most of the packet network gateway functionality may as well be implemented in 
the TRCU. In such an embodiment, the TRCU creates the data packets and forwards 
the data packets to the MSC in a normal circuit switched connection. The MSC 
switches the signal to a network element of the packet network. This network 
5 element extracts the packets from the circuit switched data stream and sends them 
forward in the packet network layer protocol format as described previously. In such 
an embodiment, the TRCU can create also higher level protocol structures used in 
the transmission of data over the packet network, i.e. for example PPP protocol 
structures carried in network level protocol packets. 

10 

Previously, some examples were presented of a predefined rule for generating an IP 
address based on PCM channel information. In an advantageous embodiment of the 
invention, network elements participating in the data transmission negotiate between 
themselves, which rule will be used. Advantageously, the negotiation may be 
15 performed between the packet network gateways. In a further advantageous 
embodiment of the invention, the rule is negotiated by the MSC:s connected to the 
packet network gateways. 

The name of a given functional entity, such as the base station controller, is often 
20 different in the context of different cellular telecommunication systems. For 
example, in the UMTS (Universal Mobile Telecommunication System) system the 
functional entity corresponding to a base station controller (BSC) is the radio 
network controller (RNC). Therefore, the particular terminology used to denote 
various functional entities in this specification are only examples according to the 
25 GSM system, and do not limit the invention in any way. 

The invention can be used in many different cellular telecommunication systems, 
such as the GSM or the UMTS systems. 

30 In view of the foregoing description it will be evident to a person skilled in the art 
that various modifications may be made within the scope of the invention. While a 
preferred embodiment of the invention has been described in detail, it should be 
apparent that many modifications and variations thereto are possible, all of which 
fall within the true spirit and scope of the invention. 
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Claims 



1 . A method for transmission of data over a data transmission network employing a 
network layer protocol from a first network node receiving data from a first circuit 
5 switched transmission line to a second network node transmitting data into a second 
circuit switched transmission line characterized in that 
the destination address of a network layer protocol datagram comprising data 
received from the first circuit switched transmission line for transmission to the 
second network node, is determined from 
10 - circuit switched channel identifying parameters identifying at least one 

channel in the second circuit switched transmission line, and 
- the network layer protocol address of the second network node, 
according to a predefined rule. 

15 2. A method according to claim 1, characterized in that 
the network layer protocol is the IP protocol. 

3. A method according to claim 1, characterized in that 
the network layer protocol is the X.25 protocol. 

20 

4. A method according to claim 1, characterized in that 

data from at least one channel from the first circuit switched transmission line 
is transmitted in compressed form over the data transmission network. 

25 5. A method according to claim 4, characterized in that 

of a signal received from a channel of the first circuit switched transmission line, 
which signal comprises both an uncompressed speech signal part and compressed 
speech parameters, only said compressed speech signal parameters are transmitted 
over the data transmission network. 

30 

6. A method according to claim 4, characterized in that 

that the signal of at least one channel from the first circuit switched transmission 
line is compressed in the first network node. 

35 7. A method according to claim 4, characterized in that 

compressed speech parameters received from the first network node, are 
decompressed into an uncompressed speech signal before transmission into the 
second circuit switched transmission line. 
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8. A method according to claim 1, characterized in that 

samples of data from more than one channels from the first circuit switched 
transmission line are transmitted over the data transmission network in one network 
5 layer protocol datagram. 

9. A method according to claim 1, characterized in that the method comprises 
steps, in which 

- a message describing the supported coding modes for compressed speech 

1 0 parameters is transmitted from the first network node to the second network node, 
and 

- said supported coding modes are described in said message in an order of 
preference for optimizing speech data transmission. 

15 1 0. A network element for connection of a circuit switched transmission line to a 
data transmission network employing a network layer protocol, characterized in 
that the network element comprises a network layer protocol address generating unit 
for generating network layer protocol adresses for network layer protocol packets 
based at least partly on parameters identifying at least one channel of the circuit 

20 switched transmission line. 

1 1 . A network element according to claim 10, characterized in that 
the network layer protocol is the IP protocol. 

25 12. A network element according to claim 10, characterized in that 

the network element comprises a compressed speech parameter extraction unit for 
extracting compressed speech parameters from at least one signal from the circuit 
switched transmission line, which signal comprises both an uncompressed speech 
signal part and compressed speech parameters. 

30 

13. A network element according to claim 10, characterized in that 
the network element comprises a compression unit for compressing the signal of at 
least one channel from the circuit switched transmission line before transmission 
over the data transmission network. 
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